We sugg•t that a class of speech coders can be designed from criteria that are perception-specific. Such a class represents a middle ground between "waveform" coders and speech-specific "source" coders. We argue that, within perceptually acceptable limits, a bandpass portion of a speech signal can be represented by its short-time spectral amplitude ISn I and its phase derivative •n. Both parameters are evaluated at the center frequency •o, of the passband whose spectral width is W• rad/s. We show that the short-time spectral amplitude is identical to the Hilbert envelope .
production, and the technique can achieve large savings in transmission bit rate. Traditionally these coders, referred to generically as vocoders, utilize a model of the speech signal that includes voice pitch, voiced/ unvoiced characterization of speech sounds, and spectral envelope estimation. The quality of the coding is typically assessed by how closely the spectrum of the model (synthetic) signat approximates that from the human talker. The information description in these coders tends to be fragile. and the coding typically a synthetic quality and often displays talker dependencies. Owing to the signal model, the coding is, of course, speeech-specific. A q•testion, then, is whether there might be useful coding techniques between these classes; a middle ground that could partake of the attractive features of each. Some of our previous work on the phase vocoder and on subband coding suggests that some opportunities may continue to exist. We wish, therefore, to address this issue here, and to explore further the reasoning that led us to the phase vocoder (Flanagan and Golden, 1966) , and the subband coder (Crochiere et al., 1976) .
Our arguments will depend, in part, upon the latitude that can be exploited in auditory perception.
II. LATITUDES IN AUDITORY PERCEPTION; FIDELITY

CRITERIA FOR SIGNAL CODING
It is well established from past experiments that the human ear makes a rough frequency analysis of acoustic signals. It is also clear that much phase information is of little perceptual consequence, and that medest modifications in the amplitude spectrum of a signal are perceptually toterable. Experiments in sound synthesis suggest that the intelligibility of speech is carried largely by the short-time amplitude spectrum of the signal. Exact facsimile reproduction of the signat waveform, while sufficient for high perceived quality, is clearly not necessary. This latitude, offered by the receiver, is one that can be exploited to increase the efficiency of digital speech coders. It is not a speechspecific property, but applicable to all audible signals.
The frequency analysis made by the ear is characterized in resolution by the so-called 'critical bands" (Scharf, 1970) . This auditory analyzer is in some ways similar to a set of contiguous bandpass filters, whose passbands increase in width with increasing frequency (similar to a -•-octave behavior). This fact will influence some of our following arguments. Our interest, then, is in how we might efficiently describe acoustic signals• especially speech, so that they are acceptable For speech signals, however, the Fourier transforms of these quantities are heavily loaded toward the lower frequencies and, in fact, from a practical standpoint, can often be limited to about W/4.
V.' SOME FURTHER PROPERTIES OF THE SHORT-TIME TRANSFORM
We showed in (3.5) that the Hilbert envelope A,(t) of a bandpass signal s,t) and the absolute value of its shorttime Fourier transform S(co, t) evaluated at the band center frequency w. are identical, namely /t,(t) = IS(to,, t) l. 
